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Abstract- This paper presents an efficient low-complexity
clipping noise compensation scheme for PAR reduced orthogonal
frequency division multiple access (OFDMA) systems. Conven-
tional clipping noise compensation schemes proposed for OFDM
systems are decision directed schemes which use demodulated
data symbols. Thus these schemes fail to deliver expected
performance in OFDMA systems where multiple users share a
single OFDM symbol and a specific user may only know his/her
own modulation scheme. The proposed clipping noise estimation
and compensation scheme does not require the knowledge of
the demodulated symbols of the other users, making it very
promising for OFDMA systems. It uses the equalized output and
the reserved tones to reconstruct the signal by compensating the
clipping noise. Simulation results show that the proposed scheme
can significantly improve the system performance.
I. INTRODUCTION
Orthogonal Frequency Division Multiplexing Access
(OFDMA) is an attractive multiuser access scheme for broad-
band wireless communication systems, and it has been adopted
in 3GPP LTE as a downlink scheme and WiMax [1]. An
OFDMA system could have more than 1024 subcarriers,
and its time domain signal thus has high peak to average
power ratio (PAR). Large PAR leads to disadvantages such
as increased cost of the digital-to-analog converter (DAC) and
reduced efficiency of the radio frequency (RF) power amplifier
(PA). Non-linear devices without sufficient dynamic range will
cause undesirable signal distortions such as out-of-band radi-
ation and in-band distortions. PAR reduction techniques are
therefore of great importance for OFDMA systems. Solutions
to the PAR reduction problem have been reported in the open
literature, [2]-[5]. Clipping is widely used in practical systems
due to its easy implementation and low complexity.
Clipping is a simple solution to the PAR problem [6].
Here, time domain signal is passed through a soft-limiter in
the transmitter to reduce the amplitude of large signals to
a predefined threshold while leaving their phase unchanged.
Clipping can efficiently eliminate high peaks in OFDMA
signals, however, will introduce clipping noise. Some schemes
have been proposed to mitigate the clipping noise in OFDM
systems, including decision aided reconstruction [7], iterative
clipping noise estimation [8], and oversampling based clip-
ping noise elimination [9]. However, to the authors' best of
knowledge, for OFDMA systems, no efficient clipping noise
compensation method has been reported to date.
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Clipping noise estimation in the downlink of OFDMA sys-
tems is a challenge: each user has only a limited knowledge of
the whole signal. Since there are flexible modulation schemes
for different users, it is not always possible for a particular user
to know the modulation schemes of all the other users. Most
of the clipping noise estimation schemes proposed for OFDM
systems are based on the decision directed approach where
demodulated data symbols are used to estimate the clipping
noise before conpensation. Lack of knowledge of the modu-
lation modulation scheme on some of the subcarriers prevents
these schemes from being applied in OFDMA systems.
In this paper, we propose a novel approach which does not
depend on decision-directed approach and exploits reserved
tones instead. There is generally quite a few reserved tones in
practical OFDMA systems. These reserved tones could include
pilots and unused tones, with either known symbols or zeros.
After clipping, they contains power mapped from clipping
noise. However, estimating clipping noise directly/solely using
reserved tones is infeasible as some under-determined equa-
tions are confronted. Using equalized signals, the proposed
scheme first narrows down and picks up a limited number
of candidates of clipped signals; Then solves determined
equations to find clipping noise using the information at the
reserved tones. Simulation results show that the proposed
scheme can significantly improve the system performance.
The rest of this paper is organized as follows: Section II
introduces the OFDMA system structure and formulates the
clipping noise model; Section 111-A develops the proposed
scheme. It first presents the approach which picks up a limited
number of candidates of clipping noise and finds the phase for
these clips; Then it discusses how to use the information from
reserved tones to estimate clipping noise; Section IV presents
simulation results and finally, Section V concludes the paper.
II. SYSTEM STRUCTURE
In an OFDMA system with N subcarriers, a set of mod-
ulated signal {X(n),n = 0,1,2,...,N - 1} are mapped to
the N subcarriers. After Inverse Fourier Transform, the time
domain signal is given by
( N-1
N 1n=XO()ej27fk (1)
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where fn = nAf denotes the carrier frequency of the nth
subcarrier, with Af denoting the subcarrier spacing. It is
well known that the amplitude of the complex signal x(k) is
Rayleigh distributed the number of subcarriers N is large(e.g.,
N > 32) [10]. The PAR of the signal is defined as
_ max x(k) 2
r Et I(k) 12 (2)
PAR is proportional to the number of sub-carriers N increases
proportionally. Clipping is a simple and efficient approach,
to reduce the dynamic range of the signal, and to avoid
saturations or nonlinear responses in, e.g., PA and DAC.
Clipping can be performed at the transmitter by using a soft
limiter with a predefined clipping threshold A, The output of
the soft-limiter is given by, z (k) =1 e, (k) exp(jZ(z(k))) + z(k)
kv(k)
xc(k) = x(k) Aslx(k)l s
x(k)l < As
x(k)l > As (3)
The clipping noise/error ec(k) for a clipped sample is given
by
ec(k) = x(k) - xc(k). (4)
Assuming perfect carrier and timing synchronization the re-
ceived samples after removal of the guard interval can be
obtained as
L-1
y(k) Z hlxc(k-I)N + w(k) (5)
1=0
where w(k) is the additive white Gaussian noise (AWGN)
with zero mean and variance (72, h, is the channel impulse
response at delay I and L is the order of the channel. After
the FFT operation at the receiver,
Y(n) = H(n)Xc(n) + W(n) (6)
where H(n) zL=i hiei2,nl/N, is the frequency response
of the channel. Here, Xc(n) = X(n) + d(n), where d(n)
NI-1 ec(k)ei2kn/N is the clipping noise in the frequency
domain. After a zero forcing channel equalization, the output
is
Z(n) Y (n) W((n)+ () (7)
H(n) CT) HOn
A demodulation process is then applied to find the estimate
of X(n). For user v, denote the subcarrier group assigned to
him as V. The estimated data symbol at the nth subcarrier for
user v is
Xv (n) = min Zv(n)-Xv 2, (8)
x
where Xv denotes the constellation points of user v's modu-
lation.
If the receiver knows all the demodulated signal, conven-
tional data aided clipping error estimation schemes can be ap-
plied [7], [8]. However, in the downlink of OFDMA systems,
user v may only has information of the modulation scheme
Fig. 1. Block diagram of the proposed clipping
compensation scheme
error estimation and
of its own subcarrier group. In this case, it is impossible
to estimate the clipping error using conventional data aided
approaches.
III. ESTIMATION OF CLIPPING NOISE
The block diagram of the proposed scheme is shown in
Fig. 1. It consists of two steps: 1) Locating clipping candidates,
and 2) estimating clipping amplitudes. In the first step, based
on all equalized samples Z(n), we locate a limited number
of candidates of clips, and determine the phase for these
candidates. The number of candidates should be at least
smaller than the number of reserved tones so that in the second
step, location of clips can be refined and the amplitude of clips
can be estimated by solving determined equations.
A. Locating Candidate Clips
Apply an inverse fast Fourier transform (FFT) to all the
equalized data Z(n), n O,... , N - 1, we obtain
z(k) = xc(k) + ((k), (9)
where ((k) is the colored noise given by FFT(W(n)/H(n)).
Although amplitude of the time domain OFDMA signal is
Rayleigh distributed and the noise may be enhanced in the
equalization process, it is generally true that the received signal
to noise ratio (SNR) of each sample is still at least a few dBs
large. This is particularly true for those clipped samples as
clipped samples have the highest magnitude of A, Thus for
any clipped sample z(k), we have
Iz(k)l >» l(k)l. (10)
This property is exploited to locate the candidate clips and
estimate their phase.
There are various approaches to locate candidate clips.
The basic idea is to find and pick up those samples with
magnitude larger than a threshold. This works with or without
the knowledge of A, When A, is unknown, candidate clips
101
Authorized licensed use limited to: QUEENSLAND UNIVERSITY OF TECHNOLOGY. Downloaded on June 21, 2009 at 21:26 from IEEE Xplore.  Restrictions apply.
can be picked up from the largest samples; when A, is known,
threshold can be smaller but close to A, In the simulated
systems, we use the threshold As- po-w where o,, is the
standard derivative of the noise and ,u is a scalar. In our
simulation, we use ,u 2 which means 95% noise is smaller
than 2(r,W
Since the soft limiter does not change the phase of the
clipped signal and lz(k)l >» l(k) , we can obtain the phase
of the clipping error ec(k) directly from the candidate clips,
that is
z(ec(k)) = Z(xc(k)) -Z(z(k)), for k C C. (11)
where C denotes the index set of the candidate clips, and the
length of the set is denoted as LC.
To mitigate noise enhancement in the equalization, an
MMSE equalizer instead of zero forcing equalizer can be
employed. In addition, if a channel coefficient H(n) is too
small, Z(n) can set to be zero when applying the inverse FFT
to avoid overly enhanced noise terms.
B. Estimating Clipping Amplitude
After locating the candidate clips, a limited number of
samples which are possibly clipped are picked up. When the
number of these candidate clips is smaller than the available
reserved tones, a refining process using reserved tones can then
be applied to find out the true clips and their magnitudes.
First, we compute the difference between the equalized
sample Z(r) and the data symbols X(r) for reserved tones.
Let R denote the index set of the reserved tones, and Lr be
the length of the set. Then we have
0(r) Z(r) - X(r), r C R, (12)
where X(r) is known in advance. The difference is caused by
equalized AWGN sample and the clipping noise. Considering
all the reserved tones, we have
( = Fr,cec + 71, (13)
where d5 {d(r)}, r C X, cF= {ec(k)}, k C C, 71
{W(r)/H(r)},r C X, and Fr,c is a Lr x LC sub-matrix of
the FFT matrix, containing its r, r C R rows and c, c C C
columns. When the number of reserved tones Lr is larger
than the number of candidate clips Lc, FC,, is a tall matrix,
and generally has rank equal to the column rank. Thus cc can
be solved by using, e.g., a least square method, which gives
cc = (FUrFC,r<)1-FU(r5, (14)
where T denotes the matrix transpose.
Since the candidate clips picked up earlier contains some
samples which are not actually clipped, we now use the
estimated eci to rule out some "fake" clips according to the
magnitude. A threshold is applied to &ec to remove those
smaller ones. This also means only larger clips will be
compensated.
Since the phase estimates obtained from (11) are more
accurate, we only use the magnitude obtained from (14) to
reconstruct clipping noise.
In addition to the reserved tones, a user can also optionally
use his data tones in a decision directed approach. Similar to
(12), we can define the difference
6v (n) -Zv (n) - v (n), n C V. (15)
Note that 6,(n) not only includes equalized AWGN sample
and clipping noise, but also possible mapping error. Thus it is
preferable to use these data tones when the SNR is high.
C. Summary of the Scheme
A summary of the proposed estimation and compensation
scheme is as follows:
1) Equalize the frequency domain received signal to get
Z(n), n C [0, N-I], and obtain its time domain samples
z(k),k [0,N-1];
2) Determine candidate clips by picking up those with mag-
nitude larger than a predefined threshold from z(n), n C
[0,N- 1];
3) Find d(r) = Z(r) - X(r), r C R for reserved tones,
and compute &, = (FcUFc,r ) - FC"6;
4) Refine the set of clips by removing those with lec(k)l
smaller than another threshold from the set C, and get
updated set of clips C;
5) Compensate signals in time domain to obtain z(k)
lc(k) exp(jZ.(z(k))) + z(k), k C C. The compensated
signal is converted to frequency domain for demodula-
tion.
IV. SIMULATION RESULTS
In our simulation, OFDMA systems are configured follow-
ing the IEEE802.16 2004 Wimax standard [1]. There are 240
reserved tones out of total 2048 subcarriers in the system, and
the reserved tones are in a interleaved pattern, scatter over the
whole bandwidth. In the transmitter, soft clipping is applied
to samples at Nyquist rate. The channel adopted is a 3 tap
multipath channel, the SU13 model in [11]. Only the reserved
tones are used in the simulations. Notations in the figures are:
'Non-comp' for the performance without any compensation,
and 'un-distorted' for the performance when the transmitted
signal is not clipped.
We first present the BER performance for a uncoded
OFDMA system with all subcarriers applying the same
64QAM modulation, with clipping threshold 5dB in Fig. 2
and 6dB in Fig. 3. We can see that the proposed method
improves the system performance significantly, with less than
1dB gap to the performance when the signal is not clipped.
When the SNR is particularly small (smaller than 15dB in the
simulation), however, compensation seems not preferred. This
is because when noise dominates the performance, clipping
estimation will have low accuracy. Fortunately, in this case the
performance difference between the clipped and non-clipped
systems is generally small.
We then show the performance in Fig. 4 for the case when
different modulations are applied. The user of interest occupies
1/8 of the total subcarriers, in an interleaved pattern, and
he uses 64QAM modulation. Each of the other subcarriers
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Fig. 2. BER performance with 5dB clipping, where all subcarriers use Fig. 4.
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Fig. 3. BER performance with 6dB clipping, where all subcarriers use
64QAM modulation.
BER performance for systems with different modulations at
randomly chooses one between BPSK, QPSK, 16QAM and
64QAM. The figure shows similar results to Figs. 2 and 3.
That is, the proposed algorithm achieves great improvement
when SNR is large, when SNR is small, the performance may
degrade. However, it is generally in the working SNR range
of practical systems, that the performance is improved.
V. CONCLUSION
We have presented an efficient and low-complexity clipping
noise estimation and compensation scheme, which does not
require knowledge of modulations, and is thus promising for
OFDMA systems where one user generally does not know
other users' modulation schemes. Simulation results show that
the proposed scheme can significantly improve system perfor-
mance at working SNR range. The performance improvement
in excess of 4dB is achieved at BER of i0-5 when all the
sub carriers use 64-QAM and a gain of more than 2 dB is
achieved when subcarriers have different modulations. The
proposed scheme is standard compatible and enable power
efficient implementation of OFDMA transceivers.
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